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DETAILED ACTION 
Claim Rejections - 35 USC § 102 

1 . The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 that form the 
basis for the rejections under this section made in this Office action: 

A person shall be entitled to a patent unless - 

(b) the invention was patented or described in a printed publication in this or a foreign country or in public use or on 
sale in this country, more than one year prior to the date of application for patent in the United States. 

2. Claim 32 is rejected under 35 U.S.C. 102(b) as being anticipated by Suzuki (US 
4,453,247). 

Regarding claim 32, Suzuki discloses a method for processing voice for communication 
via a communication network having variable propagation delays (Figs. 1-6; col. 1, lines 36-43; 
col. 2, lines 9-17; col. 2, lines 43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 31-50; col. 5, lines 
1-41; col. 6, lines 23-35; col. 7, lines 1-20); comprising: 

receiving digitized voice data packets; depacketizing the received digitized voice data 
packets (col. 5, lines 1-41; or Fig. 1); 

buffering the received digitized voice data for an adjustable buffer time to delay 
reproduction of the voice (col. 1, lines 36-43; col. 2, lines 9-17; col. 3, line 8-29); 

detecting an error in the buffer time and adjusting the buffer time in response to a 
detected error (detecting that a change/delay/error in transmission time and/or transmission 
variance has happened and needs to be corrected for, col. 1, lines 36-43; col. 2, lines 9-17; col. 2, 
lines 43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, lines 23-35; 
col. 7, lines 1-20). 
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Claim Rejections - 35 VSC § 103 

3. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set forth in 
section 102 of this title, if the differences between the subject matter sought to be patented and the prior art are 
such that the subject matter as a whole would have been obvious at the time the invention was made to a person 
having ordinary skill in the art to which said subject matter pertains. Patentability shall not be negatived by the 
manner in which the invention was made. 

4. Claim 33,34,36-40 and 43 are rejected under 35 U.S.C. 103(a) as being impatentable over 
Suzuki (US 4,453,247), as set forth above and in view of Bareris (US 4,317,195). 

Regarding claim 33, Suzuki discloses a method for processing voice for communication 
via a communication network having variable propagation delays (e.g., col. 1, lines 36-58) 
comprising: 

receiving digitized voice data packets, depacketizing the received digitized voice data packets, 
buffering the received digitized voice data for an adjustable buffer time to delay reproduction of 
the voice (col. 5, lines 19-25); determining a transmission delay (col. 3, lines 26-29; col. 5, lines 37- 
41), and adjusting the buffer time in accordance with the determined transmission delay (Figs. 1-6; 
abstract; col. 1, lines 36-43; col. 2, lines 9-17; col. 2, lines 43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 
31-50; col. 5, lines 1-41; col. 6, lines 23^35; col. 7, lines 1-20). 

Although Suzuki discloses a method for processing voice for communication via a 
communication network having variable propagation delays comprising: 

receiving digitized voice data packets; buffering received digitized voice data for an 
adjustable buffer time to delay the reproduction of the voice data of the first received voice 
packet of a group (Suzuki: talk spurt, col. 2, lines 9-17, and silence lines 43-63) for at least the 
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buffer time; and adjusting the buffer time (see above rejection of claims 22 or 44 or see Suzuki: 
cols. 1-7). 

Suzuki fails to particularly call for each voice data packet having a group identifier, as 
specified in claim 33. 

Barberis teaches for each voice data packet having a group identifier (coded headings, 
col. 1, lines 25; detecting talk spurts and using sequence labels or IDs, col. 1, lines 26-37; col. 3, 
lines 30-55). It would have been obvious to use group identifiers for each voice data packet 
because Suzuki discloses a speech packet switching network (e.g., abstract) and it is notoriously 
well known for packets to use sequence numbers so that packets of the same sequence or in this 
case, talkspurt, do not have to take the same path and can arrive at the destination out of order. 
The group IDs can assist the receiver to reassemble the packets at destination and determine if 
the last packet of the sequence has been sent. This method can also allow for least cost routing to 
be used on each packet instead of having all the packet traverse the same path. 

Regarding claim 34, Suzuki discloses determining a propagation delay and adjusting the 
buffer time in accordance with the propagation delay to prevent gaps in the voice reproduced 
from voice data packets associated with the same group (e.g., caL 1, lines 31-57; col. 3, lines 8- 
29; col. 4, lines 31-51). 

Regarding claim 36, Suzuki discloses a method as recited in claim 34 wherein the 
propagation delay is determined from a received packet (e.g., col. 3, lines 8-29; col. .5, lines 33- 
41; determined by simply detecting packet and the amount of delay it experienced, e.g., col. 3, 
lines 8-29). 
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Regarding claim 37, Suzuki discloses the buffer time being a calculated delay (using 
variance computing circuit, 13; and counter, 12; col. 3, lines 8-29; lines 51-59; or col. 3, line 62- 
col. 4, line 2). 

Regarding claim 38, Suzuki fails to particularly call for the buffer time being adjusted 
based on a transmission time of a "test packet". However, the term test packet was not further 
defined and Suzuki does disclose using talk spurt packets in determining the transmission delays 
(e.g., col. 3, lines 8-29; col. 5, lines 33-41). Therefore, it would have been obvious to one of 
ordinary skill in the art that testing a network or transmission line can be performed by 
transmitting a voice packet or series of voice packets. 

Furthermore, Barberis teaches using initial packets from a talk spurt that are labeled (col. 
2, lines 9-29). Therefore it would have been obvious to one of ordinary skill m the art that a first 
or initial packet can be used as a test packet for the purposes of determining the transmission or 
propagation delay. 

Regarding claim 39, Suzuki discloses a method wherein the buffer time is adjusted once 
(or more) per a call (the times can be adjusted once per call if that is all that is needed and more 
then once per call when there is more variance, delays more often, Suzuki: col. 2, lines 9-17). 

Regarding claim 40, Suzuki discloses a method wherein the buffer time is adjustable 
more than once per a call (Suzuki: col. 2, lines 9-17; col. 4, lines 31-3). 

Regarding claim 43, Suzuki discloses a method as recited in claim 33 including 
detecting an error in the buffer time and adjusting the buffer time in response to a detected error 
(if there are no gaps nor variance, then it can be said that there is no error, however, when 
variance is detected, that is an error in a device, node, router/switch along the path that lead to 
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not getting the packets of the talk spurt sent out on time, and mitigating the affects of variance, 
what amounts to traffic shaping, reads on detecting errors i.e., excessive gaps between the 
packets, and compensating for them, col. 2, lines 10-17). 

5. Claims 41 and 42 are rejected under 35 U.S.C. 103(a) as being unpatentable over the 
combination of Suzuki and Barberis as set forth above, and further in view of the IBM Technical 
disclosure Bulletin of April 1994 (# 001 8-8689-37-4 A-601). 

Regarding claims 41 and 42, The combination of Suzuki and Barberis fails to 
particularly call for the propagation delay being determined during a call set up, as specified in 
claims 40 and 41; and a method as recited in claim 33 wherein the propagation delay is 
determined prior to the receipt of the digitized voice packets, as specified in claim 42. 

IBM teaches using an Internet protocol wherein the propagatibn delay is determined 
during a call set up, and prior to the receipt of the digitized voice packets (as one of ordinary skill 
would know, using TCP, there is three way handshake using what are known as S YN packets, 
and the IBM article teaches setting the size of the buffer and TCP window size "at the time of the 
connection establishment", see whole article and especially, paragraph labeled UPDATING 
WINDOW). 

It would have been obvious to establish the propagation delay during call set up because 
there can be extreme delays in a network during certain periods of time such as during disasters, 
or on Mother's Day (which can be the busiest PSTN/Internet traffic day of the year). A user may 
determine that the propagation delays are too excessive (voice is delay sensitive) to place a 
packet based call and may opt for a circuit switched call instead. 
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6. Claims 22-29, 44-49, and 55-58 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Suzuki (US 4,453,247) in view of Bareris (US 4,317,195) and further in view 
ofBaran (US 4,903,261). 

Regarding claim 22, Suzuki discloses a method for processing voice for communication 
via a communication network having variable propagation delays (e.g., col. 1, lines 36-58) 
comprising: 

receiving digitized voice data packets, depacketizing the received digitized voice data 
packetSj buffering the received digitized voice data for an adjustable buffer time to delay 
reproduction of the voice (col. 5, lines 19-25); 

determining a transmission delay (col. 3, lines 26-29; col. 5, lines 37-41), and adjusting 
the buffer time in accordance with the determined transmission delay (Figs. 1-6; abstract; col. 1, 
lines 36-43; col. 2, lines 9-17; col. 2, lines 43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 31-50; 
col. 5, lines 1-41; col. 6, lines 23-35; col. 7, lines 1-20).. 

Although Suzuki discloses transmission delay, Suzuki fails to particularly call for 
propagation delay. 

Barberis teaches using propagation delays (col. 3, lines 56-67). Rather than argue 
propagation delay can be read as merely reading on the time it takes a packet to propagate 
through a buffer or node the examiner read Tprop as implying the amount of time it can take data 
to propagate through a network, transmission medium or series of nodes. Therefore it would 
have been obvious to use propagation delays because in some cases, using only transmission 
delays can imply delays in getting a packet out of a sending buffer and may not include the time 
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it takes to propagate along the various transmission mediums. Taking the mediums into account 
can be a more complete and/or accurate measure or the delays packets encounter in being sent or 
received. Besides Suzuki already discloses some sort of propagation delay by disclosing 
transmission delays and delay variances, and Suzuki hints at the delay times being propagation 
times (change of traffic in the network, col. 5, lines 38-41). 

Neither Suzuki nor Barberis explicitly disclose after depacketizing. However, buffering 
after depacketizing or decoding is well known in the art. In particular, Baran discloses 
depacketizing the received digitized voice data packets (see FIG. 7, Voice/Data Depacketizer 
164); and 

after depacketizing, buffering the received digitized voice data (see FIG. 7, FIFO RAM 
166; see col. 12, line 12-15, 45-54) for an adjustable buffer time (see col. 12, line 54 to col. 13, 
line 23; 42-49; FIFO stores the depacktized voice data for a time (i.e. FIFO time) according to 
the speech detector 157 and Microprocessor 154). 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to provide buffering/FIFO-ing after depacketizing the voice packet, as 
taught by Baran, in the combined system of Suzuki and Barberis, so that it would provide 
sequential channelized PCM data to store in per channel circular FIFO so that PCM data can be 
read from the queue/FIFO synchronously; see Baran col. 12, line 46-49, see col. 19,, line 16-21. 

Regarding claim 44, the combined system of Suzuki, Barberis and Baran discloses all 
limitations as set forth above in claim 22. Furthermore, Suzuki discloses a method for processing 
voice for communication via a communication network having variable transmission times 
between a source and a destination comprising: receiving digitized voice data packets, buffering 
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the received digitized voice data for an adjustable buffer time to delay reproduction of the voice; 
determining variations in propagation times between the source and destination; and adjusting 
the buffer time in response to variations in propagation times (Figs. 1-6; abstract; col. 1, lines 36- 
43; col. 2, lines 9-17; col. 2, lines 43-64; coL 3, line 8-coL 4, line 2; col. 4, lines 31-50; col. 5, 
lines 1-41; col 6, lines 23-35; col. 7, lines 1-20). 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to provide propagation delay and buffering/FIFO-ing after depacketizing 
the voice packet, as taught by Suzuki and Baran, in the system of Suzuki, for the same 
motivations as stated above in claim 22. 

Regarding claim 55, the combined system of Suzuki, Barberis and Baran discloses all 
limitations as set forth above in claim 22. Furthermore, Suzuki discloses conversion circuitry for 
converting an analog voice stream to digital voice data (see FIG. 1, A-D converter 4) and for 
converting digital voice data to an analog voice stream for the reproduction of voice (see FIG. 1, 
D-A converter 8); see col. 2, line 46-55; 

a processing circuit (see FIG. 1, controller 19) for managing the packetization of the 
digital voice data to provide digital voice data packets and for managing the depacketization of 
digital voice data packets (see col. 2, line 56-64); and 

a buffer (see FIG. 1, Variance Absorbing Buffer 1 1) for buffering digital voice data, the 
processing circuit directing delivery of the buffered digital voice data to the conversion circuitry 
after a delay that is adjustable by the processing circuit to accommodate variations in packet 
propagation delays over the network (abstract; col. 1, lines 36-65; col. 2, lines 9-17; col. 2, lines 
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43-64; cpl. 3, line 8-col. 4, line 2; col. 4, lines 31-50; coL 5, lines 1-41; col. 6, lines 23-35; col 7, 
lines 1-20). 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to provide propagation delay and buffering/FIFO-ing after depacketizing 
the voice packet, as taught by Suzuki and Baran, in the system of Suzuki, for the same 
motivations as stated above in claim 22. 

Regarding claims 23 and 47, the combined system of Suzuki, Barberis and Baran 
discloses using transmission times and the buffer time is adjusted based on a propagation time as 
set forth ^bove in claim 22 and 44. Baran further discloses a round trip propagation time (see col. 
3, line 5-10; roundabout time delay). 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to provide roundabout propagation time' delay, as taught by Baran, in the 
combined system of Suzuki and Barberis, so that it would provide fast system which achieves a 
fixed minimal delay for each packet between source and destination; see Baran coL 2, line 40-44, 
49-51. 

Regarding claims 24 and 48, Suzuki discloses the transmission delay being determined 
j&om a received packet (determined by simply detecting packet and the amount of delay it 
experienced, e.g., col. 3, lines 8-29). 

Regarding claims 25 and 49, Suzuki discloses the buffer time being a calculated delay 
(using variance computing circuit, 13; and counter, 12; col. 3, lines 8-29; lines 51-59; or col. 3, 
line 62-col. 4, line 2). 
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Regarding claims 26 and 50, Suzuki fails to particularly call for the buffer time being 
adjusted based on a transmission time of a "test packet". The term test packet was not further 
defined, but Suzuki does disclose using talk spurt packets in determining the transmission delays 
(e.g., col. 3, lines 8-29; col 5, lines 33-41). Therefore, it would have been obvious to one of 
ordinary skill in the art that testing a network or transmission line can be performed by 
transmitting a voice packet or series of voice packets. Furthermore, Barberis teaches using initial 
packets from a talk spurt that are labeled (col. 2, lines 9-29). Therefore it would have been 
obvious to one of ordinary skill in the art that a first or initial packet can be used as a test packet 
for the purposes of determining the transmission or propagation delay. 

Regarding claims 27 and 51, the combined system of Suzuki, Barberis and Baran 
discloses all limitations as set forth above in claim 22 and 44. Baran further discloses buffering 
occurs after depacketization (see col. 12, line 12-15, 45-54). Therefore, it would have been 
obvious to one having ordinary skill in the art at the time the invention was made to buffering 
after depacketizing, as taught by Baran in the combined system of Suzuki and Barberis, for the 
same motivation as stated above in claim 22 and 44. 

Regarding claim.28, Suzuki discloses a method wherein the buffer time is adjusted once 
(or more) per a call (the times can be adjusted once per call if that is all that is needed and more 
then once per call when there is more variance, delays more often, Suzuki: col. 2, lines 9-17). 

Regarding claims 29 and 46, Suzuki discloses a method wherein the buffer tune is 
adjustable more than once per a call (Suzuki: col. 2, lines 9-17; col. 4, lines 31-3). 

Regarding claim 45, Suzuki discloses a method as recited in claim 44 wherein the buffer 
time is adjusted once per a call if necessary when variations in propagation times between the 
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source and the destination are slow (the times can be adjusted once per call if that is all that is 
needed and more then once per call when there is more variance, delays more often, Suzuki: col. 
1. lines 31-57; col. 2, lines 9-17). 

Regarding claim 56, Suzuki discloses a system as recited in claim 55 wherein the 
conversion circuitry compresses and decompresses the digital voice data (col. 2, lines 45-63). 

Regarding claim 57, Suzuki discloses determining a propagation delay and adjusting the 
buffer time in accordance with the propagation delay to prevent gaps in the voice reproduced 
from voice data packets associated with the same group (e.g., cal. 1, lines 31-57; col. 3, lines 8- 
29; col. 4, lines 31-51). 

Regarding claim 58, a system as recited in claim 55 wherein the processing circuit 
packetizes the digital voice data according to an internet protocol (Suzuki discloses a packet 
switching network, Abstract; col. 5, lines 38-41). However, although Suzuki fails to use the term 
internet (with a small "i") protocol, it would have been obvious that the packets that are being 
switched in Suzuki must have headers so that the switches or forwarding devices can understand 
how to route the packets (where to send them). 

7. Claims 30 and 31 are rejected under 35 U.S.C. 103(a) as being unpatentable over the 
combination of Suzuki, Barberis and as set forth above in claim 22, and further in view of the 
IBM Technical disclosure Bulletin of April 1994 (# 001 8-8689-37-4A-601). 

Regarding claims 30 and 31, the combined system of Suzuki, Barberis and Baran 
discloses all claimed limitation as set forth above in claim 22. 
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Neither Suzuki, Barberis, nor Baran explicitly discloses determined during a call set up 
and determined prior to the receipt of the digitized voice packets. However, IBM teaches using 
an Internet protocol wherein the propagation delay is determined during a call set up, and prior to 
the receipt of the digitized voice packets (as one of ordinary skill would know, using TCP, there 
is three way handshake using what are known as S YN packets, and the IBM article teaches 
setting the size of the buffer and TCP window size "at the time of the connection establishment", 
see whole article and especially, paragraph labeled UPDATING WINDOW). 

It would have been obvious to establish the propagation delay during call set up because 
there can be extreme delays in a network during certain periods of time such as during disasters, 
or on Mother's Day (which can be the busiest PSTN/Internet traffic day of the year). A user may 
determine that the propagation delays are too excessive (voice is delay sensitive) to place a 
packet based call and may opt for a circuit switched call instead. 

8. Claims 52-54, and 59-60 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Suzuki in view of Barberis and Baran, and further in view of Huang (US 5,434,856 of record). 

Regarding claim 52 and 59, Suzuki discloses a method for processing voice for a device 
capable of using a protocol commxmications over a network comprising: 

receiving a voice stream (see FIG.l, receive from telephone 1; see col. 2, line 36-65); 

digitizing the voice stream to provide digital voice data (see FIG. 1, A-D converter 4; see 
col. 2, line 36-65); 

compressing (Suzuki: col. 2, lines 43-63) the digital voice data; 
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packetizing the digital voice data according to an network protocol for communication 
over the network (see FIG. 1, Packetizing circuit 7; see col. 2, line 36-65), 

transmitting via communication the digital voice data packets (see FIG. 1, Packet 
Transmitting circuit 18; see coL 2, line 36-65); 

receiving digital voice data packets communicated over the network (see FIG. 1 , Packet 
receiving circuit 16; see col. 3, line 6-25); 

converting the received digital voice data packets to a voice stream (see FIG. 1, speech 
synthesizer 9 and D-A converter; see col. 5, line 15-25); and 

buffering (see FIG. 1, variance absorbing buffer 1 1), for a buffer time, the received 
digital voice data before converting the digital voice data to a voice stream, the buffer time being 
adjustable to accommodate variations in propagation times over the network (Figs. 1-6; abstract; 
col. 1, lines 36-43; col. 2, lines 9-17; col. 2, lines 43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 
31-50; col. 5, lines 1-41; col. 6, lines 23-35; col. 7, lines 1-20). 

Although Suzuki discloses transmission delay, Suzuki fails to particularly call for 
propagation delay. 

Barberis teaches using propagation delays (col. 3, lines 56-67). Rather than argue 
propagation delay can be read as merely reading on the time it takes a packet to propagate 
through a buffer or node the examiner read Tprop as implying the amount of time it can take data 
to propagate through a network, transmission medium or series of nodes. Therefore it would 
have been obvious to use propagation delays because in some cases, using only transmission 
delays can imply delays in getting a packet out of a sending buffer and may not include the time 
it takes to propagate along the various transmission mediums. Taking the mediums into account 
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can be a more complete and/or accurate measure or the delays packets encounter in being sent or 
received. Besides Suzuki already discloses some sort of propagation delay by disclosing 
transmission delays and delay variances, and Suzuki hints at the delay times being propagation 
times (change of traffic in the network, col. 5, lines 38-41). 

Neither Siizuki nor Barberis explicitly disclose after depacketizing. However, buffering 
after depacketizing or decoding is well known in the art. In particular, Baran discloses 
depacketizing the received digitized voice data packets (see FIG. 7, Voice/Data Depacketizer 
164); and 

after depacketizing, buffering tiie received digitized voice data (see FIG. 7, FIFO RAM 
166; see col. 12, line 12-15, 45-54) for an adjustable buffer time (see col. 12, line 54 to col. 13, 
line 23; 42-49; FIFO stores the depacktized voice data for a time (i.e. FIFO time) according to 
the speech detector 157 and Microprocessor 154). 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to provide buffering/FIFO-ing after depacketizing the voice packet, as 
taught by Baran, in the combined system of Suzuki and Barberis, so that it would provide 
sequential channelized PCM data to store in per channel circular FIFO so that PCM data can be 
read fi-om the queue/FIFO synchronously; see Baran col. 12, line 46-49, see col. 19, line 16-21. 

Neither Suzuki, Barberis, nor Baran explicitly discloses a wireless internet protocol. - 

Huang teaches a method for processing voice (Figs. 1-3; routers 208, Fig. 2;), 
compressing voice (col. 1, lines 29-45), buffering voice packets (col. 1, lines 58-67; col. 3, lines 
17-42) for a device capable of using a wireless internet protocol (Fig. 1; col. 2, lines 14-67), as 



Application/Control Number: 10/682,591 Page 16 

Art Unit: 2661 

specified in claim 52; and wireless communication of digital voice packets (Figs. 1-3; e.g., col. 2, 
lines 1-67), as specified in claim 59-60. 

It would have been obvious to use a wireless internet protocol because the combination of 
Suzuki, Barberis, and Baran discloses packet switching voice data as well as using telephones. 
Making the voice packet network wireless allows for more mobility and can allow for people 
without phone lines to send voice data from wireless phone. By using voice packets, the data can 
be more easily sent over the Internet, or Frame Relay (Huang: Fig. 1), GSM, GPRS, TDMA, or 
CDMA networks. 

Regarding claim 53, the combined system of Suzuki, Barberis, Baran and Haimg 
discloses all claimed limitation as set forth above in claim 53. Barberis further teaches for each 
voice data packet having a group identifier (coded headings, col. 1, lines 25; detecting talk spurts 
and using sequence labels or IDs, col. 1, lines 26-37; col. 3, lines 30-55). 

It would have been obvious to use group identifiers for each voice data packet because 
Suzuki discloses a speech packet switching network (e.g., abstract) and it is notoriously well 
known for packets to use sequence numbers so that packets of the same sequence or in this case, 
talk spurt, do not have to take the same path and can arrive at the destination out of order. The 
group IDs can assist the receiver to reassemble the packets at destination and determine if the last 
packet of the sequence has been sent. This method can also allow for least cost routing to be used 
on each packet instead of having all the packet traverse the same path. 

Regarding claim 60, the combined system of Suzuki, Barberis, Baran and Haung 
discloses all claimed limitation as set forth above in claim 52. Suzuki further discloses a 
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transmitter (see FIG. 1, packet transmitting circuit 18) and receiver for commimication (see FIG. 
1 , packet receiving circuit 16); 

conversion circuitry for converting an analog voicie stream to digital voice data (see FIG. 
1, A-D converter 4) and for converting digital voice data to an analog voice stream for the 
reproduction of voice (see FIG. 1, D-A converter 8); see col. 2, line 46-55; 

processing circuit (see FIG. 1, controller 19) for managing the packetization of the digital 
voice data to provide digital voice data packets and for managing the depacketization of digital 
voice data packets, the processing circuit packetizing the digital voice data according to an 
protocol (see col. 2, line 56-64); 

a buffer (see FIG. 1, Variance Absorbing Buffer 1 1) for buffering digital voice data, the 
processing circuit directing delivery of the buffered digital voice data to the conversion circuitry 
after a delay that is adjustable by the processing circuit to accommodate variations in packet 
propagation delays over the network (abstract; col. 1, lines 36-65; col. 2, lines 9-17; col. 2, lines 
43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, lines 23-35; col. 7, 
Unes 1-20). 

Although Suzuki discloses transmission delay, Suzuki fails to particularly call for 
propagation delay. 

Barberis teaches using propagation delays (col. 3, lines 56-67). Rather than argue 
propagation delay can be read as merely reading on the time it takes a packet to propagate 
through a buffer or node the examiner read Tprop as implying the amount of time it can take data 
to propagate through a network, transmission medium or series of nodes. Therefore it would 
have been obvious to use propagation delays because in some cases, using only transmission 
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delays can imply delays in getting a packet out of a sending buffer and may not include the time 
it takes to propagate along the various transmission mediums. Taking the mediums into accoimt 
can be a more complete and/or accurate measure or the delays packets encoxmter in being sent or 
received. Besides Suzuki already discloses some sort of propagation delay by disclosing 
transmission delays and delay variances, and Suzuki hints at the delay times being propagation 
times (change of traffic in the network, col. 5, lines 38-41). 

Neither Suzuki nor Barberis explicitly disclose after depacketizing. However, buffering 
after depacketizing or decoding is well known in the art. In particular, Baran discloses 
depacketizing the received digitized voice data packets (see FIG. 7, Voice/Data Depacketizer 
164); and 

after depacketizing, buffering the received digitized voice data (see FIG. 7, FIFO RAM 
166; see col 12, line 12-15, 45-54) for an adjustable buffer time (see col. 12, line 54 to col. 13, 
line 23; 42-49; FIFO stores the depacktized voice data for a time (i.e. FIFO time) according to 
the speech detector 157 and Microprocessor 154). 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to provide buffering/FIFO-ing after depacketizing the voice packet, as 
taught by Baran, in the combined system of Suzuki and Barberis, so that it would provide 
sequential channelized PCM data to store in per channel circular FIFO so that PCM data can be 
read from the queue/FIFO synchronously; see Baran col. 12, line 46-49, see col. 19, line 16-21. 

Neither Suzuki, Barberis, nor Baran explicitly discloses a wireless internet protocol. 

Huang teaches a method for processing voice (Figs. 1-3; routers 208, Fig. 2;), 
compressing voice (col. 1, lines 29-45), buffering voice packets (col. 1, lines 58-67; col. 3, lines 
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17-42) for a device capable of using a wireless internet protocol (Fig. 1; col. 2, lines 14-67), as 
specified in claim 52; and wireless communication of digital voice packets (Figs. 1-3; e.g., col. 2, 
lines 1-67), as specified in claim 59-60. 

It would have been obvious to use a wireless internet protocol because the combination of 
Suzuki, Barberis, and Baran discloses packet switching voice data as well as using telephones. 
Making the voice packet network wireless allows for more mobility and can allow for people 
without phone lines to send voice data from wireless phone. By using voice packets, the data can 
be more easily sent over the Internet, of Frame Relay (Huang: Fig. 1), GSM, GPRS, TDMA, or 
CDMA networks. 

Allowable Subject Matter 

9. Claim 54 is objected to as being dependent upon a rejected base claim, but would be 
allowable if rewritten in independent form including all of the limitations of the base claim and 
any intervening claims. 

Response to Arguments 

10. Applicant's arguments with respect to claims 22-53,55-60 have been considered but are 
moot in view of the new ground(s) of rejection. 

Regarding claims 22-53,55-60, the applicant argued that, ''...Suzuki fails to teach, 
suggest, or disclose, for example, a method for processing voice for communication via a 
communication network having variable propagation delays comprising receiving digitized voice 
data packets; depacketizing the received digitized voice data packets; buffering the received 
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digitized voice data for an adjustable buffer time to delay reproduction of the voice; detecting an 
error in the buffer time and adjusting the buffer time in response to a detected error ..." in page 
10, paragraph 1; page 11, paragraph 3; page 12, paragraph 1-2; page 13, paragraph 2; page 14, 
paragraph 3-4; page 15, paragraph 3-4; page 16, paragraph 3-4; page 17, paragraph 1-3; page 18, 
paragraph 1; page 19, paragraph 1-2. 

In response to applicant's argument, the examiner respectfully disagrees with the 
argument above. 

Suzuki discloses a method for processing voice for communication via a communication 
network having variable propagation delays (Figs. 1-6; col. 1, lines 36-43; col. 2, lines 9-17; col. 
2, lines 43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, lines 23- 
35; col. 7, lines 1-20); comprising: receiving digitized voice data packets (see FIG. 1, Packet 
receiving Circuit 16; see col. 3, line 8-12); depacketizing the received digitized voice data 
packets (see FIG. 1, Speech synthesizer circuit 9 and D-A converter 8; col. 5, lines 1-41); 
buffering the received digitized voice data (see FIG. 1, Variance Absorbing Buffer 11) for an 
adjustable buffer time (see FIG. 1, Variance Absorbing Time; see abstract, line 12; col. 3, 
line 8 to col. 4, line 2, 31-50) to delay reproduction of the voice (see FIG. 1, Variance 
absorbing buffer delays and varies the speech to ensure the speech quality; see abstract, 
line 20-24; col. 1, lines 36-43; col. 2, lines 9-17; col. 3, line 8-29); detecting an error in the 
buffer time (see FIG. 1, the combined system of Controller 19, Receive packet counter 12, 
Comparing circuit 10, variance computing circuit 13 detects a change/delay/error in 
transmission time and/or transmission variance; col. 1, lines 36-43; col. 2, lines 9-17; col. 2, 
lines 43-64; col. 3, line 8-col. 4, line 2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, lines 23-35; 
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col. 7, lines 1-20) and adjusting the buffer time in response to a detected error 
(changing/adjusting '^variance absorbing time" in response to detecting that a 
change/delay/error in transmission time and/or transmission variance has happened and 
needs to be corrected for; see abstract, lines 11-12,15-23; coL 1, lines 36-43; col. 2, lines 9- 
17; col. 2, lines 43-64; coL 3, line 8-coL 4, line 2; col. 4, lines 31-50; col. 5, lines 1-41; col. 6, 
lines 23-35; coL 7, lines 1-20). 

Regarding claim 32, the applicant argued that, . .Suzuki are depacktized after being 
removed from the absorbing buffer . . .Suzuki is silent with respect to detecting error in the 
packet lost rate ..." in page 1 0, paragraph 1 . 

In response to applicant's argument that the references fail to show certain features of 
applicant's invention, it is noted that the features upon which applicant relies (i.e*, depacktized 
after.. .in the packet lost rate) are not recited in the rejected claim(s). Although the claims are 
interpreted in light of the specification, limitations from the specification are not read into the 

claims. See In re Van Gems, 988 F.2d 1 181, 26 USPQ2d 1057 (Fed. Cir. 1993). 

» 

Regarding claim 22, the applicant argued that, . .Suzuki fails to fails to teach 
determining a propagation delay ..." in page 1 1 , paragraph 11. 

In response to applicant's argument, the examiner respectfully disagrees with the 
argument above. 

Suzuki discloses determining a transmission delay (col. 3, lines 26-29; col. 5, lines 37-41; 
see col. 1, line 30-43). It is well known and established in the art that, the "propagation delay" is 
determined as a variation of "traveled/transmission time" or "propagate time" of voice 
packets over the packet network. In particular, Barberis teaches determining a propagation delay 
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(col. 3, lines 56-67). Barberis teaches determining a delay time between Node Nl and Node N2, 
which is a "propagation/travel delay time". Thus, it is clear that the combined system of Suzuki 
and Barberis teaches the argued claimed invention, 

Regarding claim 33, the applicant argued that, "...Suzuki and Barberis fails to teach 
. . .receiving digitized voice data packets, each voice data packet having a group 
identifier... Barberis fails to teach that the "coded heading" comprises a group ID ..." in page 13, 
paragraph 2. 

In response to applicant's argument, the examiner respectfully disagrees with the 
argument above. 

Suzuki receiving digitized voice data packets (see FIG. 1, Packet receiving Circuit 16; 
see col. 3, line 8-12); each voice data packet havmg a group (talk spurt, col. 2, lines 9-17, and 
silence lines 43-63). Barberis teaches for each voice data packet having a group identifier (coded 
headings, col. 1, lines 25; detecting talk spurts and using sequence labels, IDs, or 
Identification codes that defined talk spurts , col. 1, lines 26-37; col. 3, lines 30-55;). It would 
have been obvious to use group identifiers for each voice data packet because Suzuki discloses a 
speech packet switching network (e.g., abstract) and it is notoriously well known for packets to 
use sequence numbers so that packets of the same sequence or in this case, talkspurt, do not have 
to take the same path and can arrive at the destination out of order. The group IDs can assist the 
receiver to reassemble the packets at destination and determine if the last packet of the sequence 
has been sent. This method can also allow for least cost routing to be used on each packet instead 
of having all the packet traverse the same path. 
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Regarding coded heading argument, Suzuki discloses a group (i.e. talk sprut). Barberis 
Group ID (i.e. sequence labels, IDs, or Identification that defined talk spurts). 

In particular, Barberis discloses in col. 1, lines 23-36 "Generally, the packets are of 
identical length and carry coded headings or labels containing supervisory information such 
as origin and destination. During periods of coherent speech, referred to hereinafter as 
talkspurts, the packets follow one another in a continuous sequence at the transmitting node; 
because of random delays due particularly to variations in traffic density Mdthin the routing 
network, however, these sequences are liable to be disrupted upon arrival at the receiving end. 
To facilitate the restoration of their continuity at the second node, the packets of a sequence 
are advantageously labeled w ith individual identification codes such as serial numbers with 
the aid of a talkspurt detector at the first node". (Emphasis added) 

Thus, it is clear that the combined system of Suzuki and Barberis discloses the argued 

claimed invention. 

In view of the above, the examiner respectfully disagrees with applicant's argimient 
and believes that the references as set forth in the above rejections are proper. 

Conclusion 

1 1 . THIS ACTION IS MADE FINAL. Applicant is reminded of the extension of time 
policy as set forth in 37 CFR 1 . 1 36(a). 

A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS from the mailing date of this action. In the event a first reply is filed within TWO 
MONTHS of the mailing date of this final action and the advisory action is not mailed xmtil after 
the end of the THREE-MONTH shortened statutory period, then the shortened statutory period 
will expire on the date the advisory action is mailed, and any extension fee pursuant to 37 
CFR 1.136(a) will be calculated from the mailmg date of the advisory action. In no event, 
however, will the statutory period for reply expire later than SIX MONTHS from the mailing 
date of this final action. 
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12. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Ian N. Moore whose telephone number is 571-272-3085. The 
examiner can normally be reached on 9:00 AM- 6:00 PM. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Doris H. To can be reached on 571-272-7629. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 

Information regarding the status of an application may be obtained from the Patent 
Application Information Retrieval (PAIR) system. Status information for published applications 
may be obtained from either Private PAIR or Public PAIR. Status information for unpublished 
applications is available through Private PAIR only. For more information about the PAIR 
system, see http://pair-direct.uspto.gov. Should you have questions on access to the Private PAIR 
system, contact the Electronic Business Center (EBG) at 866-217-9197 (toll-free). 
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